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DESCRIPTION 



METHOD AND DEVICE FOR MEASURING PROPAGATION TIME OF 
SOUND WAVE BETWEEN SPEAKER AND MICROPHONE 

[Technical Field] 

The present invention relates to a method and device for 
measuring a propagation time of a sound wave between a speaker and a 
microphone. 

[Background Art] 

In some cases, it is necessary to measure a propagation time of a 
sound wave from a speaker to a microphone in a space in which an 
acoustic system is installed. This corresponds to, for example, cases 
where a frequency characteristic of the acoustic system is measured at a 
listening position, and a signal having a frequency characteristic that 
varies with time is used as a sound source signal for measurement. In 
such cases, measurement with higher precision is sometimes achieved 
by taking in a signal from the microphone installed at the listening 
position after passing the signal through a filter that varies its frequency 
characteristic according to a time variation in the frequency 
characteristic of the sound source signal for measurement, rather than 
by directly taking in the signal from the microphone installed at the 
listening position. In this case, it becomes necessary to delay the 
variation in the frequency characteristic of the filter by time for which the 
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sound wave propagates over a distance from the speaker to the listening 
position, instead of simultaneously progressing the variation in the 
frequency characteristic of the sound source signal for measurement and 
the variation in the frequency characteristic of the filter. For this 
purpose, it is necessary to measure the propagation time of the sound 
wave from the speaker to the microphone installed at the listening 
position. 

Accordingly, there has been conventionally proposed a method of 
measuring a propagation time of a sound wave between a speaker and a 
microphone using a pulse (see for example, Japanese Laid-Open Patent 
Application Publication No. 2001-112100 (see page 3, Figures 1 and 2)). 
Specifically, a propagation time of a pulse sound which is output from 
the speaker and arrives at the microphone is measured. 

Measurement using the pulse sound can be conducted with 
relatively higher precision unless it is affected by a noise. However, 
since the pulse sound has a small energy with 'respect to its amplitude, it 
is difficult for the microphone to receive the sound with a preferred S/N 
ratio. In this method, therefore, accurate measurement is not always 
conducted. 

In order to improve this method, the applicant has made an 
attempt to measure a propagation time of a sound wave having a sweep 
signal as a sound source, as a signal having a relatively large energy with 
respect to its amplitude. Specifically, the sweep signal which is 
frequency- swept in a short time is input to a speaker, which outputs a 
sweep sound, which is received by a microphone. And, arrival time of 
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the sound wave is measured for each frequency band. 

If the sweep signal as the sound source signal is known, it is 
possible to know when a component in each frequency band is output 
from the speaker. In addition, it is possible to know arrival time of the 
component in each frequency band by band pass filtering the signal 
received by the microphone. 

By finding an effective value of the signal in each frequency band 
received by the microphone for a fixed duration while slightly shifting a 
time starting point, a root-means square (RMS) value as a function of the 
time starting point may be found, and a time point at which the RMS 
value becomes maximum may be assumed to be the arrival time of the 
component in each frequency band. This enables more accurate 
measurement of a distance. 

This method has advantages as follows: CD A frequency band with 
a higher level can be selected because of the use of a plurality of 
frequency bands. (D Interference from a noise is less because of the 'use 
of the band pass filter. (D The sweep signal is resistant to a noise 
because it has an energy larger than that of the pulse. 

On the other hand, this method has disadvantages as described 
below. The response is slow because of the use of the band pass filter. 
A measurement value may be corrected in view of a known delay of a 
response time. But, if the response time of the band pass filter is larger 
than the propagation time of the sound wave between the speaker and 
the microphone, measurement precision is not ensured. While the 
signal is less affected by the noise as the frequency band of the band pass 
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filter decreases, the response time of the band pass filter increases. 

The response time of the band pass filter decreases as the 
frequency band of the band pass filter increases, but the signal is 
susceptible to the noise. Further, a frequency characteristic of an 
acoustic system in that frequency range may appear, which may cause a 
peak value of the signal in a frequency other than a target frequency to be 
detected. This may lead to inaccurate measurement. 

[Disclosure of the Invention] 

The present invention has been made in view of the above 
mentioned problems, and an object of the present invention is to provide 
a method and device for measuring a propagation time of a sound wave, 
which is less susceptible to a noise or a delay time of equipment and is 
hence capable of accurate measurement. 

In order to solve the above mentioned problems, a method of 
measuring a propagation time of a sound wave between a speaker and a 
microphone, according to the present invention, comprises: a first step of 
outputting a time stretched pulse from the speaker; a second step of 
receiving a sound signal output from the speaker in the microphone and 
taking in the received sound signal from the microphone; and a third 
step of calculating a cross-correlation function of the time stretched 
pulse and the received sound signal taken in in the second step, wherein 
the propagation time of the sound wave between the speaker and the 
microphone is found based on the cross-correlation function. In 
addition, in order to solve the above mentioned problems, a device for 
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measuring a propagation time of a sound wave between a speaker and a 
microphone, according to the present invention, comprises: a sound 
source means; and a calculation means, wherein the sound source 
means is configured to output a time stretched pulse as a sound source 
signal input to the speaker, and the calculation means is configured to 
take in, from the microphone, a sound signal which is output from the 
speaker and is received in the microphone, and to calculate a 
cross-correlation function of the time stretched pulse and the received 
sound signal taken in, and to find the propagation time of the sound 
wave between the speaker and the microphone based on the 
cross-correlation function. 

In accordance with such a method and device, the time stretched 
pulse is used as the sound source signal. The time stretched pulse is 
less susceptible to a noise because of its relatively large energy with 
respect to its amplitude. Therefore, a measurement value of the 
propagation time of the sound wave by the above method and device has 
high reliability. Also, it is known that the cross-correlation function of 
the time stretched impulse and the response waveform to which the time 
stretched pulse is input conforms to an impulse response in that system. 
As a result, measurement is conducted with precision substantially as 
high as that with which measurement is conducted using the impulse. 

In the method of measuring a propagation time of a sound wave 
between a speaker and a microphone may further comprise a fourth step 
of detecting a time when the cross-correlation function has a maximum 
value, a time when the cross-correlation function has a minimum value, 
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or a time when the cross-correlation function has a maximum absolute 
value. In the device for measuring a propagation time of a sound wave 
between a speaker and a microphone, the calculation means may be 
configured to detect a time when the cross-correlation function has a 
maximum value, a time when the cross-correlation function has a 
minimum value, or a time when the cross-correlation function has a 
maximum absolute value. 

In the method of measuring a propagation time of a sound wave 
between a speaker and a microphone, the first step, the second step, and 
the third step may be performed plural times, and the method may 
further comprise: a fifth step of synchronizing and adding a plurality of 
cross-correlation functions obtained in the third step performed plural 
times, wherein the propagation time of the sound wave between the 
speaker and the microphone may be found based on the 
cross-correlation function obtained by synchronizing and adding the 
plurality of cross-correlation functions. In the device for measuring a 
propagation time of a sound wave between a speaker and a microphone, 
the sound source means may be configured to output the time stretched 
pulse plural times, and the calculation means may be configured to 
calculate the cross-correlation function for each time stretched pulse 
output from the sound source means, to synchronize and add 
cross-correlation functions, and to find the propagation time of the 
sound wave between the speaker and the microphone based on the 
cross-correlation function obtained by synchronization and addition. 
In accordance with such a method and device, the 



synchronization and addition enable measurement with high reliability. 

The above and further objects and features of the invention will be 
more fully be apparent from the following detailed description with the 
accompanying drawings. 

[Brief Description of the Drawings] 

Fig. 1 is a view schematically showing a construction of a device 
for measuring a propagation time of a sound wave and an acoustic 
system; and 

Fig. 2 is a view schematically showing a calculation content of a 
calculation and control portion. 

[Best Mode for Carrying Out the Invention] 

An embodiment of the present invention will be described with 
reference to the drawings. 

Fig. 1 is a view schematically showing a construction of an 
embodiment of a device according to the present invention and an 
acoustic system to be measured. A device (device for measuring a 
propagation time of a sound wave between a speaker and a microphone) 
1 of Fig. 1 is capable of carrying out an embodiment of a method of the 
present invention (method of measuring a propagation time of a sound 
wave between a speaker and a microphone). 

The device 1 comprises a DSP (digital signal processor), an A/D 
converter, a D/A converter, and the like. In Fig. 1, the device 1 is 
illustrated as including a sound source portion 1 1 and a calculation and 
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control portion 12, giving attention to main function of the device 1. 

The device 1 is configured to measure a propagation time of a 
sound wave between a speaker 3 and a microphone 4. An amplifier 2 
and the speaker 3 form a part of an acoustic system installed in an 
acoustic space (e.g., music hall, gymnastic hall, or playing field). The 
microphone 4 is installed at a listening position (e.g., position of seat on 
which audience sits) in this acoustic space. As the microphone 4, a 
noise meter may be used. The microphone 4 is located to be spaced a 
distance L apart from the speaker 3. The distance L is unknown, but 
can be calculated if the propagation time of the sound wave between the 
speaker 3 and the microphone 4 can be measured. 

A sound source signal is output from the sound source portion 1 1 
to the amplifier 2. The amplifier 2 power- amplifies the signal and 
outputs the amplified signal to the speaker 3, which radiates the signal 
as amplified sound. The microphone 4 receives the amplified sound 
output from the speaker 3. The microphone 4 outputs a signal to the 
calculation and control portion 12. 

The calculation and control portion 12 is configured to control the 
sound source portion 11. More specifically, the sound source portion 

1 1 receives a command signal from the calculation and control portion 

12 and outputs a time stretched pulse (hereinafter simply referred to as 
"TSP") as a sound source signal. The TSP refers to a signal which is 
stretched in a time axis direction by varying a phase of an impulse in 
proportion to a square of a frequency. 

Fig. 2 is a view schematically showing a calculation content of the 
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calculation and control portion 12. 

The calculation and control portion 12 pre-stores a waveform of 
the TSP and causes the sound source portion 1 1 to output the TSP. In 
Fig. 2, the waveform of the TSP is represented by X. The TSP is stored 
as 128 sample data in the calculation and control portion 12. Sampling 
frequency of the TSP is 48kHz, and therefore, duration of the TSP is 
about 2.7m second. The TSP has an even amplitude characteristic up 
to 5kHz. 

The calculation and control portion 12 outputs data of the TSP to 
the sound source portion 11, and outputs the command signal to the 
sound source portion 1 1 to cause the sound source portion 1 1 to output 
the TSP. At the same time, the calculation and control portion 12 starts 
sampling of the signal (signal indicated by Y in Fig. 2) output from the 
microphone 4. Sampling frequency is 48kHz and sampling period is 0.5 
second. 

After an elapse of time ts' after the calculation and control portion 
12 has output the command signal to cause the sound source portion 1 1 
to output the TSP, the sound source portion 1 1 outputs the TSP. In 
other words, after the elapse of the time ts after the calculation and 
control portion 12 has started sampling of the signal output from the 
microphone 4, the sound source portion 1 1 outputs the TSP. This delay 
time ts occurs due to the A/D converter and the D/A converter included 
in the sound source portion 11, and is recognized (stored) in the 
calculation and control portion 12. Hereinafter, this time ts is referred 
to as "sound source output delay time ts." 
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The calculation and control portion 12 calculates a 
cross-correlation function of the waveform of the TSP pre-stored therein 
and the signal waveform which has been output from the microphone 4 
and sampled. 

The following formula (formula 1) is a calculation formula of the 
cross-correlation function. 

^ N-i 

R (m) = N 8x <5y i^O ^ (n) # ^ (n+m) ( formula 1 ) 

In the above formula (formula 1), N is the number of times sampling 

is performed, and 6 X and 6 Y are standard deviations in X(n) and Y(n), 

respectively. 

In Fig. 2, R represents the cross-correlation function obtained by 
calculation according to the above formula (formula 1). 

The calculation of the cross-correlation function may be 
performed after the signal output from the microphone 4 has been 
sampled for 0.5 second and all the data corresponding to 0.5 second have * 
been sampled, or otherwise, may be performed for each sampling using 
128 sample data sampled most recently while sampling the signal output 
from the microphone 4. This is because, the calculation of the 
cross-correlation function can be started when at least 128 sample data 
of the signal output from the microphone 4 has been stored, since the 
TSP output from the sound source portion 11 is 128 samples. 

When the TSP is input to a system and a response waveform 
thereof is obtained, the cross-correlation function of the TSP and the 
response waveform thereof conforms to an impulse response of the 
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system. Therefore, it may be assumed that the calculation and control 
portion 12 calculates the impulse response of the system. 

The cross-correlation function R may be found only for one TSP 
output from the sound source portion 11. Nonetheless, precision 
improves if the cross-correlation functions R are found for respective of 
the TSPs output plural times (several times), and are synchronized and 
added. In Fig. 2, Ra represents a cross-correlation function obtained by 
synchronizing and adding, and averaging the cross-reference functions R 
output plural times. 

The calculation and control portion 12 detects a time when the 
waveform of the cross-correlation function Ra obtained by 
synchronization and addition has a maximum value. The waveform of 
the cross-correlation function Ra of Fig. 2 has the maximum value at 
time tl. This time tl may be assumed as the delay time in the whole 
system of Fig. 1. Hereinafter, the time tl when the cross-correlation 
function has the maximum value is referred to as "total delay time tl." 

The total delay time tl includes the above mentioned sound 
source output delay time ts and time tb (hereinafter referred to as 
"spatial delay time tb") for which the sound wave propagates through a 
space ranging from the speaker 3 to the microphone 4. It shall be 
appreciated that a delay time elapsed from when the signal is input to the 
amplifier 2 until when the signal vibrates a diaphragm of the speaker 3 or 
a delay time elapsed from when a diaphragm of the microphone 4 starts 
vibrating until when the signal caused by the vibration appears at an 
output terminal of the microphone 4 is negligible small in contrast to the 
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spatial delay time tb. When the spatial delay time tb is measured for 
adjustment or measurement of the acoustic system including the 
amplifier 2 and the speaker 3, it is convenient to include, in the spatial 
delay time tb, the delay time elapsed from when the signal is input to the 
amplifier 2 until when the signal vibrates the diaphragm of the speaker 
3. 

As described above, since the calculation and control portion 12 
pre-stores the sound source output delay time ts, the spatial delay time 
tb can be calculated by detecting the total delay time tl. According to a 
procedure shown in Fig. 2, synchronization and addition are performed 
to obtain the cross-correlation function Ra, the time tl when the 
cross-correlation function Ra has the maximum value is detected, and 
the spatial delay time tb is obtained by subtracting the sound source 
output delay time ts from the total delay time tl. This is represented by 
a formula: "tb = tl- ts." The spatial delay time tb is multiplied by a 
sound speed c to obtain a distance between a point where the speaker 3 
is installed and a point where the microphone 4 is installed. 

If the sound source output delay time ts is negligible small in 
contrast to the spatial delay time tb, then the total delay time tl may be 
assumed to be the spatial delay time tb. If the calculation and control 
portion 12 starts sampling the signal output from the microphone 4 at 
the same time the sound source portion 1 1 starts outputting the TSP, 
the sound source delay time ts may be assumed to be 0. 

As described previously, when the TSP is input to a system and a 
response waveform thereof is obtained, the cross-correlation function of 
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the TSP and the response waveform thereof conforms to the impulse 
response in that system, and therefore, it may be assumed that the 
calculation and control portion 12 calculates the impulse response in 
that system. Therefore, the device 1 for measuring the propagation time 
of the sound wave shown in Fig. 1 is capable of measuring the 
propagation time of the sound wave between the speaker 3 and the 
microphone 4 with precision substantially as high as that with which 
measurement is conducted using the impulse. In addition, since the 
energy of the sound source signal is less susceptible to the noise because 
of its relatively large energy, the propagation time of the sound wave 
between the speaker 3 and the microphone 4 can be measured with high 
precision. 

Thus far, one embodiment of the present invention has been 
described. While in the above embodiment, the cross-correlation 
function is calculated according to the formula (1), it may alternatively be 
calculated according to a formula (2) in which a calculation portion 
((1/N • <5X • 6 Y) portion) for normalization in the formula (1) is omitted. 

N-l 

R On) = E X(n) • Y (n+ m) ( formu|a 2 ) 

n— u 

While in the above embodiment, the time when the 
cross-correlation function obtained by synchronization and addition (or 
by averaging of cross-correlation functions) has the maximum value is 
detected as the total delay time, a time when a cross-correlation function 
found for only one TSP output from the sound source portion 1 1 has the 
maximum value may alternatively be detected as the total delay time, 
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without synchronization and addition. 

While in the above embodiment, the time when the 
cross-correlation function has the maximum value is detected to find the 
time when the peak appears on a plus side of the cross-correlation 
function and is assumed as the total delay time, a time when the 
cross-correlation function has a minimum value may be detected to find 
a time when the peak appears on a minus side and may be assumed as 
the total delay time. Further, a time when the cross-correlation 
function has a maximum absolute value may be detected and may be 
assumed as the total delay time. 

Numerous modifications and alternative embodiments of the 
invention will be apparent to those skilled in the art in view of the 
foregoing description. Accordingly, the description is to be construed as 
illustrative only, and is provided for the purpose of teaching those skilled 
in the art the best mode of carrying out the invention. The details of the 
structure and/ or function may be varied substantially without departing 
from the spirit of the invention and all modifications which come within 
the scope of the appended claims are reserved. 

[Industrial Applicability] 

A method and device for measuring a propagation time of a sound 
wave between a speaker and a microphone of the present invention are 
advantageous in technical fields of acoustic systems, since the 
propagation time of the sound wave between the speaker and the 
microphone can be accurately measured. 



